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Amendments to the Claims 

Please amend Claims i, 29, 34, and 62, Please add new Claims 67 and 68. The Claim 
Listing below will replace all prior versions of the claims in the application: 

Claim Listing 

1 . (Currently Amended) In a communication system for transmitting digital signals using 
a compression code comprising a predet ermined plurality of parameters including a first parameter. 
gaid parameters representing an audio signal, said audio signal having a plurality of audio 
characteriimcs including a noise characteristic, said compression code being decodable bv a 
plurality of decoding steps , apparatus for managing the noise characteristic comprising: 

a roiwivor recei v ing digital signals, wher e in said di git a l signals - use a compression oodo 
comprising a prodQtoroiinod plurality of parameter s inoluding a first parameter, wh e rein said 
parameters roprosom an audio sign al 

wherein said audio signal has a plurality of - audio characteristics inoluding a nois e 
characteristic, 

wher e in s aid compression code being dacodablo by a plurality of decoding -s tops; - and 
a processor responsive to said compression code of said digital signals to read at least said 
first parameter, and responsive to said compression code and said first parameter to generate an 
adjusted first parameter in a presence of speech noise, and combination thereof and to replace said 
first parameter with said adjusted first parameter [[>)] 

wherein said proc e ssor potforms - sqidplurality of decoding st e ps by potforming firs t 
dooodiufi stops to gen e rat e first d e eodor signals - resulting in a noisy spooch signal nnd - sccond 
de c oding st e ps to g e nomic second decod e r s ignals r es ulting in on estimated clean sp e ech signaU and 
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whoroin said procossor responds at loast - tosaid first decoder signals and said second decod e r signal s 
and s aid fir s t param ete r to gonoroto said adjusted first parameter. 

2. (Canceled) 

3. (Previously presented) Apparatus, as claimed in claim I, wherein said first parameter 
comprises codebook gain, and wherein said processor modifies said codebook gain to modify a 
codebook vector contribution to said noise characteristic. 

4. (Original) Apparatus, as claimed in claim I, wherein said first parameter comprises 
codebook gain, wherein said plurality of parameters further comprises pitch gain, wherein said 
plurality of characteristics tiirther comprises signal to noise ratio and wherein said processor is 
responsive to said codebook gain, said pitch gain and said signal to noise ratio to generate said 
adjusted first parameter, and wherein said adjusted first parameter comprises an adjusted codebook 
gain. 



5. (Original) Apparatus, as claimed in claim 4, wherein said signal to noise ratio 
comprises a ratio involving noisy signal power and noise power of said audio signal. 

6. (Original) Apparaius, as claimed in claim 1, wherein said first parameter comprises 
pitch gain, wherein said plurality of parameters further comprise codebook gain, wherein said 
processor performs said plurality of decoding steps by generating a codebook vector, wherein said 
processor scales said codebook vector by said codebook gain to generate a scaled codebook vector, 
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wherein said processor comprises at least a first buffer responsive to said scaled codebook vector to 
generate first samples based on pitch period, wherein said processor scales said first samples by said 
pitch gain to generate first scaled samples, and wherein said processor modifies said pitch gain to 
modify the contribution of said first scaled samples in order to manage said noise characteristic. 

7. (Original) Apparatus, as claimed in claim 1 , wherein said first parameter comprises 
pitch gain, wherein said plurality of characteristics further comprises signal to noise ratio, wherein 
said processor is responsive to said pitch gain and said signal to noise ratio to generate said a4]usted 
first parameter, and wherein said acyusted first parameter comprises an adjusted pitch gain. 

8. (Original) Apparatus, as claimed in claim 7, wherein said signal to noise ratio 
comprises a ratio involving noisy signal power and noise power of said audio signal- 

9. (Original) Apparatus, as claimed in claim 1 > wherein said first parameter comprises 
pitch gain, wherein said plurality of parameters further comprise codebook gain, wherein said 
processor performs said plurality of decoding steps to generate a codebook vector, wherein said 
processor scales said codebook vector by said codebook gain to generate a scaled codebook vector, 
wherein said processor generates a power signal representing the power of said scaled codebook 
vector, wherein said processor is responsive to said pitch gain and said power signal to generate said 
adjusted first parameter, and wherein said adjusted first parameter comprises an adjusted pitch gain. 

1 0. (Original) Apparatus, as claimed in claim 1 , wherein said first parameter comprises 
pitch gain, wherein said processor comprises at least a first buffer generating at least first samples 
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based on pitch period, wherein said processor scales said first samples by said pitch gain to generate 
at least first scaled samples, wherein said processor generates at least a first power signal 
representing the power of said first scaled samples, and wherein said processor is responsive at least 
to said pitch gain and said first power signal to generate said actfusted first parameter, and wherein 
said actuated first parameter comprises an adjusted pitch gain. 

1 I. (Original) Apparatus, as claimed in claim 10, wherein said processor comprises a 
second buffer responsive in pan to said first power signal to generate second samples based on pitch 
period, wherein said processor scales said second samples by said pilch gain to generate second 
scaled samples, wherein said processor generates a second power signal representing the power of 
said second scaled samples and wherein said processor is responsive to said pitch gain, said first 
power signal and said second power signal to generate said adjusted first parameter. 

J2. (Original) Apparatus, as claimed in claim 1 1 , wherein said first buffer and said second 
buffer each comprises a long-term predictor buffer. 

13. (Original) Apparatus, as claimed in claim 1 , wherein said first parameter comprises 
pitch gain, wherein said plurality of parameters further comprises a codebook gain, wherein said 
processor comprises a pitch synthesis filter, wherein said processor performs said plurality of 
decoding steps to generate a first vector, wherein said processor scales said first vector by said 
codebook gain to generate a scaled codebook vector, wherein said processor filters said scaled 
codebook vector through said pitch synthesis filter to generate a second vector, wherein said 
processor generates a power signal representing the power of said second vector, wherein said 
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processor is responsive to said pitch gain and said power signal to generate said adjusted first 
parameter, and wherein said adjusted first parameter comprises an adjusted pitch gain. 



1 4. (Previously presented) Apparatus, as claimed in claim 13, wherein said first vector 
comprises a codebook excitation vector and wherein said second vector comprises a linear 
predictive coding excitation vector. 

1 5, (Original) Apparatus, as claimed in claim 1 , wherein said first parameter comprises a 
codebook vector comprising pulses using variable sets of amplitudes, wherein said processor 
analyzes said sets to identify the powers of said noise characteristic represented by said sets, 
wherein said processor identifies a first set representing a power less than the power represented by 
said sets other than said first set, and wherein said processor a4justs said pulses according to said 
first set to generate said adjusted parameter. 



16. (Original) Apparatus, as claimed in claim 1, wherein said plurality of decoding steps 
further comprises at least one decoding step that does not substantially affect the management of xhe 
noise characteristic and wherein said processor avoids performing said at least one decoding step. 

17. (Original) Apparatus, as claimed in claim 16 7 wherein said at least one decoding step 
comprises post-filtering. 

1 8. (Original) Apparatus, as claimed in claim 1 , wherein said compression code 
comprises a linear predictive code. 
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19. (Original) Apparatus, as claimed in claim 1, wherein said compression code 
comprises regular pulse excitation - long term prediction code. 

20. (Original) Apparatus, as claimed in claim 1 , wherein said compression code 
comprises code-excited linear prediction code 

21 . (Original) Apparatus, as claimed in claim 1 , wherein said first parameter is a 
quantized first parameter and wherein said processor generates said adjusted first parameter in part 
by quantizing said adjusted first parameter before replacing said first parameter with said adjusted 
first parameter. 

22. (Original) Apparatus, as claimed in claim 1 , wherein said compression code is 
arranged in frames of said digital signals and wherein said frames comprise a plurality of subframes 
each comprising said first parameter, wherein said processor is responsive to said compression code 
to read at least said first parameter from each of said plurality of subframes, and wherein said 
processor replaces said first parameter with said adjusted first parameter in each of said plurality of 
subframes. 

23. (Original) Apparatus, as claimed in claim 22, wherein said processor replaces said 
first parameter with said adjusted first parameter for a first subframe before processing a subframe 
following the first subframe to achieve lower delay. 
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24. (Original) Apparatus, as claimed in claim 1 , wherein said compression code is 
arranged in frames of said digital signals and wherein said frames comprise a plurality of subframes 
each comprising said fust parameter, wherein said processor begins to perform said decoding steps 
during a first of said subframes to generate a plurality of said decoded signals, reads said first 
parameter from a second of said subframes occurring subsequent to said first subframe, generates 
said adjusted first parameter in response to said decoded signals and said first parameter, and 
replaces said first parameter of said second subframe with said adjusted first parameter. 

25. (Original) Apparatus, as claimed in claim 1 , wherein said processor is responsive to 
said compression code to perform at least one of a plurality of said decoding steps to generate 
decoded signals and wherein said processor is responsive jo said decoded signals and said first 
parameter to generate said adjusted first parameter. 

26. (Previously presented) Apparatus, as claimed in claim 1 , wherein said first parameter 
is selected from a group consisting of codebook vector, codebook gain, pitch gain and LPC 
coefficients representations, including line spectral frequencies and log area ratios. 

27. (Previously presented) Apparatus, as claimed in claim 1 , wherein said audio signals 
have spectral regions affected by said noise characteristic, wherein said first parameter comprises a 
representation of linear predictive coding coefficients, wherein said processor is responsive to said 
compression code and said representation to determine said spectral regions affected by noise and to 
generaie said adjusted first parameter to manage said noise characteristic in said regions, and 



PAGE 13/30 * RCVD AT 8/6/2007 7:11:09 PM [Eastern Daylight Time] * SVR:USPTO-EFXRF-5/12 1 DNIS:2738300 * CSID:1978 341 0136 * DURATION (mm-ss):09-32 



Aug-06-07 07:14pm Frora-HBSAR 1978-341-0136 T-171 P 14/30 F-127 

10/019,617 

~9- 

wherein said justed first parameter comprises an adjusted representation of linear predictive 
coding coefficients. 

28. (Previously presented) Apparatus, as claimed in claim 27, wherein said representation 
of linear predictive coding coefficients is selected from a group consisting of line spectral 
frequencies and log area ratios. 

29. (Currently Amended) In a communication system for transmitting digital signals 
comprising code samples, said code samples comprising first bits using a compression code and 
second bits using a linear code, said code samples representing an audio signal said audio signal 
having a plurality of audio characteristics including a noise characteristic, a pparatus tor managing 
the noise characteristic comprising; 

n rec e iv e r r e c e iving digital-signals comprising oodo oamplos, wherein said cod e samplofl 
oomprioo first bits using a oomproari m code and second bits using a linear code, 
whoroin sakt - eede s ampl e s r e presents an audio signa l 

whoroin said audio signal has a plurality of audio charact e ristics including a noioo 
characteristic; rod 

a processor responsive to said second bits to adjust said first bits and said second bits, 
without decoding said compre ssion code, to manage whereby the noise characteristic in the digital 
signals ;and .is control l e d, 

a transmitter module ro transmit adjusted first and second bits to a device to produce a 
corresponding audible signal wiih managed echo for an end user. 
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whoroin aaid processor performs a plurality of deeodrog steps by p e rforming first d e ooding 
steps 10 generate - first decod e r signals resulting in a noisy spe e Gh signal and se oond d e g ad mg s t ops 
to generate second doooder signals r e sulting in on estimated clean speech signal, and whoroin said 
pr oce s sor responds at least to said - first decod e r signals and aaid seeoad - decod e r signals to g e n e rate 
oaid adjusted first bits. 

30. (Original) Apparatus, as claimed in claim 29, wherein said linear code comprises 
pulse code modulation (PCM) code. 

3 1 . (Original) Apparatus, as claimed in claim 29 7 wherein said compression code samples 
conform to the tandem-free operation of the global system for mobile communications standard. 

32. (Original) Apparatus, as claimed in claim 29, wherein said first bits comprise the two 
least significant bits of said samples and wherein said second bits comprise the 6 most significant 
bits of said samples. 

33. (Original) Apparatus, as claimed in claim 32, wherein said 6 most significant bits 
comprise PCM code. 

34. (Currently Amended) In a communication system for transmitting digital signals 
using a compression code comprising a predetermined plurality of parameters including a first 
parameter, said parameters representing an audio signal, said audio signal having a plurality of 
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audio characteristics including a noise characteristic, said compression code being decodable by a 
plurality of decoding steps, a method of managing the noise characteristic comprising: 

reading at least said first parameter[[,]] ^ v h o rQ i n Gnid reading includ es parna Hy 
decoding s aid first parameter ; 

generating an adjusted first parameter in a presence of speech, noise, and combination 
thereof in response to said compression code and said fost parameter; and 

replacing said first parameter with said adjusted first parameter 

performing o oid plurality of d e coding stops by performing first decoding s t e ps to 
gen e rat e first dooodor s ignals resulting in a noisy speech signal and second decoding ateps to 
g e nerate sooood - docodor signals resulting in on estimated clean spoooh signal; and 

rosponding at least to said first dooodor signals and said second dsoodor signals and 
said first parameter to g e n e rat e ooid odjuatod first param e t e r 

35. (Canceled) 

36. (Previously presented) A method, as claimed in claim 34, wherein said first 
parameter comprises codebook gain, and wherein said method further comprises modifying said 
codebook gain to modify a codebook vector contribution to said noise characteristic. 

37. (Original) A method, as claimed in claim 34, wherein said fust parameter comprises 
codebook gain, wherein said plurality of parameters further comprises pitch gain, wherein said 
plurality of characteristics further comprises signal to noise ratio and wherein said generating 
comprises generating said adjusted first parameter in response io said codebook gain, said pitch gain 
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and said signal to noise ratio, and wherein said adjusted first parameter comprises an adjusted 
codebook gain. 

38. (Original) A method, as claimed in claim 37, wherein said signal to noise ratio 
comprises a ratio involving noisy signal power and noise power of said audio signal. 

39. (Original) A method, as claimed in claim 34, wherein said first parameter comprises 
pitch gain, wherein said plurality of parameters further comprise codebook. gain, wherein said 
generating comprises performing said plurality of decoding steps by generating a codebook vector, 
scaling said codebook vector by said codebook gain to generate a scaled codebook vector, 
generating first samples based on pitch period in response to said scaled codebook vector, scaling 
said first samples by said pitch gain to generate first scaled samples, and modifying said pitch gain 
to modify the contribution of said first scaled samples in order to manage said noise characteristic. 

40. (Original) A method, as claimed in claim 34, wherein said first parameter comprises 
pitch gain, wherein said plurality of characteristics further comprises signal to noise ratio, wherein 
said generating comprises generating said adjusted first parameter in response to said pitch gain and 
said signal to noise ratio, and wherein said adjusted first parameter comprises an adjusted pitch gain, 

41. (Original) A method, as claimed in claim 40, wherein said signal to noise ratio 
comprises a ratio involving noisy signal power and noise power of said audio signal. 
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42, (Original) A method, as claimed in claim 34, wherein said first parameter comprises 
pitch gain, wherein said plurality of parameters further comprise codebook gain, wherein said 
generating comprises performing said plurality of decoding steps to generate a codebook vector, 
scaling said codebook vector by said codebook gain to generate a scaled codebook vector, 
generating a power signal representing the power of said scaled codebook vector, and generating 
said adjusted first parameter in response to said pitch gain and said power signal, and wherein said 
adjusted first parameter comprises an adjusted pitch gain. 

43, (Original) A method, as claimed in claim 34 p wherein said first parameter comprises 
pitch gain, wherein said generating comprises generating at least first samples based on pitch period, 
scaling said first samples by said pitch gain to generate at least first scaled samples, generating at 
least a first power signal representing the power of said first scaled samples, and generating said 
adjusted first parameter in response to at least said pitch gain and said first power signal, and 
wherein said adjusted first parameter comprises an adjusted pitch gain. 

44, (Original) A method, as claimed in claim 43, wherein said generating further 
comprises generating second samples based on pitch period responsive in pan to said first power 
signal, scaling said second samples by said pitch gain to generate second scaled samples, generating 
a second power signal representing the power of said second scaled samples and generating said 
adjusted first parameter in response to said pitch gain, said first power signal and said second power 
signal. 
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45. (Original) A method, as claimed in claim 44, wherein said system comprises one or 
more long-terra predictor buffers and wherein said generating said first and second samples 
comprises using said one or more buffers, 

46. (Original) A meihod, as claimed in claim 34, wherein said first parameter comprises 
pitch gain> wherein said plurality of parameters further comprises a codebook gain, and wherein 
said generating comprises performing said plurality of decoding steps to generate a first vector, 
scaling said first vector by said codebook gain to generate a scaled codebook vector, filtering said 
scaled codebook vector by pitch synthesis filtering to generate a second vector, generating a power 
signal representing the power of said second vector, and generating said adjusted first parameter in 
response to said pitch gain and said power signal, and wherein said adjusted first parameter 
comprises an adjusted pitch gain. 

47. (Previously presented) A method, as claimed in claim 46, wherein said first vector 
comprises a codebook excitation vector and wherein said second vector comprises a linear 
predictive coding excitation vector. 

48. (Original) A method, as claimed in claim 34, wherein said first parameter comprises a 
codebook vector comprising pulses using variable sets of amplitudes, wherein said generating 
comprises analyzing said sets to identify the powers of said noise characteristic represented by said 
sets, identifying a first set representing a power less than the power represented by said sets other 
than said first set, and adjusting said pulses according to said first set to generate said adjusted 
parameter. 
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49. (Original) A method, as claimed in claim 34, wherein said plurality of decoding steps 
further comprises at least one decoding step that does not substantially affect the management of the 
noise characteristic and wherein said generating avoids performing said at least one decoding step. 

50. (Original) A method, as claimed in claim 49, wherein said at least one decoding step 
comprises post-filtering. 

5 1 . (Original) A method, as claimed in claim 34, wherein said compression code 
comprises a linear predictive code. 

52. (Original) A method, as claimed in claim 34, wherein said compression code 
comprises regular pulse excitation - long term prediction code. 

53. (Original) A method, as claimed in claim 34, wherein said compression code 
comprises code-excited linear prediction code. 

54. (Original) A method, as claimed in claim 34, wherein said first parameter is a 
quantized first parameter and wherein said generating comprises generating said adjusted first 
parameter in part by quantizing said adjusted first parameter before replacing said first parameter 
with said adjusted first parameter. 
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55. (Original) A method, as claimed in claim 34, wherein said compression code is 
arranged in frames of said digital signals and wherein said frames comprise a plurality of subframes 
each comprising said first parameter, wherein said reading comprises reading at least said first 
parameter from each of said plurality of subframes in response to said compression code, and 
wherein said replacing comprises replacing said first parameter with said adjusted first parameter in 
each of said plurality of subframes. 

56. (Original) A method, as claimed in claim 55, wherein said replacing comprises 
replacing said first parameter with said a4jusred first parameter for a first subframe before 
processing a subframe following the first subframe to achieve lower delay. 

57. (Original) A method, as claimed in claim 34, wherein said compression code is 
arranged in frames of said digital signals and wherein said frames comprise a plurality of subframes 
each comprising said first parameter, wherein said generating comprises beginning to perform said 
decoding steps during a first of said subframes xo generate a plurality of said decoded signals, 
wherein said reading comprises reading said first parameter from a second of said subframes 
occurring subsequent to said first subframe, wherein said generating further comprises generating 
said adjusted first parameter in response to said decoded signals and said first parameter, and 
wherein said replacing comprises replacing said first parameter of said second subframe with said 
a4justed first parameter. 

58. (Original) A method, as claimed in claim 34, wherein said generating comprises 
performing at least one of a plurality of said decoding steps to generate decoded signals in response 
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io said compression code and generating said adjusted first parameter in response to said decoded 
signals and said first parameter! 

59. (Previously presented) A method, as claimed in claim 34, wherein said first parameter 
is selected from a group consisting of codebook vector, codebook gain, pitch gain and LPC 
coefficients representations, including line spectral pairs and line spectral frequencies. 

60. (Previously presented) A method, as claimed in claim 34, wherein said audio signals 
have spectral regions affected by said noise characteristic, wherein said first parameter comprises a 
representation of linear predictive coding coefficients, and wherein said generating comprises 
determining said spectral regions affected by noise in response to said compression code and said 
representation and generating said adjusted first parameter to manage said noise characteristic in 
said regions, and wherein said adjusted first parameter comprises an adjusted representation of 
linear predictive coding coefficients, 

6 1 . (Previously presented A method, as claimed in claim 60, wherein said representation 
of linear predictive coding coefficients is selected from a group consisting of line spectral 
frequencies and log area ratios. 

62. (Currently Amended) In a communication system for transmit ting digital signals 
comprising code samples, said code samples comprising firs t bits usinp a compression code and 
second bi^s using a linear code, said code samples representing an audio signal, said audio signal 
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havina a plurality of audio characteristics including a noise characteristic, a method of managing the 
noise characteristic comprising: 

rocoiving digital signals comprising oodo oamplos, wh e r e in said oodo oamplos comprise firsi 
biia using a compres s ion cod e and sooond bitfl using a lin e ar ood e 7 

wherein said oodo samples repr ese nt an audio sign al 

wherein said audio gignal has a plurality of audio characteristics including an si s e 
charact e ristic; 

adjusting said first bits and said second bits in response to said second bit s, without 
decoding said compression code, to manage wher e by the noise characteristic in the digital signals & 

controll e d, ;,^ 

transmitting adjusted first and second bits to a device to produce a corresponding audible 
signal wife manaped echo for an end user; 

performing - said plurality of deoodmg - stops by performing first decoding steps to generate 
first dooodcr s i gnal s resultin g in a noisy speech signal and s e eond decoding otops to g e n e rat e s e cond 
decoder signals resulting in an estimated oloan opoooh signal; and 

responding at least to said first d e cod e r signals and said s econd dooodor signals and sai d-first 
parameter to gen e rate oaid adjusted first parameter . 

63 . (Original) A method, as claimed in claim 62, wherein said linear code comprises 
pulse code modulation (PCM) code. 

64. (Original) A method, as claimed in claim 62, wherein said code samples conform to 
the tandem-free operation of the global system for mobile communications standard. 
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65. (Original) A method, as claimed in claim 62, wherein said first bits comprise the two 
least significant bits of said samples and wherein said second bits comprise the 6 most significant 
bits of said samples. 

66. (Original) A method, as claimed in claim 65, wherein said 6 most significant bits 
comprise PCM code. 

67. (New) Apparatus, as claimed in claim 1 , wherein said processor performs said 
plurality of decoding steps by performing first decoding steps to generate first decoder signals 
resulting in a noisy speech signal and second decoding steps to generate second decoder signals 
resulting in an estimated clean speech signal, and wherein said processor responds at least to said 
first decoder signals and said second decoder signals and said first parameter to generate said 
adjusted first parameter. 

68. (New) A method, as claimed in claim 34, and further comprising; 
performing said plurality of decoding steps by performing first decoding steps to 

generate first decoder signals resulting in a noisy speech signal and second decoding steps to 
generate second decoder signals resulting in an estimated clean speech signal; and 

responding at least to said first decoder signals and said second decoder signals and 
said first parameter to generate said adjusted first parameter. 
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